FIG. 2A 



INCOMING VoIP CALL 
(H.323/H.245) FROM 
INTERNET TO IP 
TELEPHONE. 
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VoIP CALL TERMINATED AT 
CALL MANAGER 
(DESTINATION IP ADDRESS IS 
ROUTED TO CALL MANAGER). 
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CALL MANAGER 
RINGS DESTINATION IP 

TELEPHONE USING 
H.323/H.245 PROTOCOL. 
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IP TELEPHONE 
BUSY OR DOES NOT 
ANSWER. 
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IP TELEPHONE 
ANSWERS CALL. 
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CALL MANAGER TERMINATES 
H.323/H.245 CONNECTION TO INCOMING 

CALL, OR PROVIDES ADVANCED 
SUBSCRIBER SERVICES (PICK GROUPS, 
HUNT GROUPS, FORWARDING, VOICE 
MESSAGING, ETC.). 
108 



CALL MANAGER RELAYS 
ANSWER TO CALLER 
OVER INTERNET. 
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VOICE DATA EXCHANGED 
BETWEEN CALLER AND CALLED IP 
TELEPHONE USING RTP/RTCP 
OVER UDP PROTOCOL ACROSS 
THE INTERNET, OR (FOR ATM/DSL) 
QOS AND NATIVE H.323/ATM. 
114 



FIG. 2B 



INCOMING ANALOG/POTS 
CALL FROM PSTN TO IP 
TELEPHONE. 
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ANALOG CALL IS TERMINATED 

AT CFM (DNIS OF CALL IS 
ASSIGNED AT TELCO SWITCH 
TO SUBSCRIBER POTS LINE). 
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CFM CAPTURES DNIS (AND 
OPTIONALLY ANI) OF 
INCOMING CALL. 
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CALL MANAGER USES TAPI 
INTERFACE TO INSTRUCT 
TELCO SWITCH TO CIRCUIT 
SWITCH CALL TO VOICE 
GATEWAY. 
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CFM GENERATES Volp\ 
REQUEST MESSAGE TO \ 
CALL MANAGER ALONG \ 
, WITH DNIS AND ANI USING IP/ 
PROTOCOL. / 
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CALL MANAGER USES CALL 
FORWARDING SERVICE TO 
INSTRUCT TELCO SWITCH 
CIRCUIT SWITCH CALL TO 
VOICE GATEWAY. 
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VOICE GATEWAY TERMINATES 
ANALOG/POTS CALL. 
CALL MANAGER USES PRIOR SETUP 
' (ESTABLISHED, E.G.. BY SUBSCRIBER VIA\ 
WEB INTERFACE) OR ACCESSES SETUP ^ 
INFORMATION FROM SUBSCRIBER 
COMPUTER SYSTEM. 
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CALL MANAGER PERFORMS 
AUTOMATIC CALL 

DISTRIBUTION BASED UPON 
DNIS AND/OR ANI. 
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CALL MANAGER 
IDENTIFIES SPECIFIC IP 
TELEPHONE ASSIGNED 
TO DNIS. 
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IP TELEPHONE 
BUSY OR DOES NOT 
ANSWER. 
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CALL MANAGER ENDS 
MGCP CONNECT REQUEST, 

TAKES APPROPRIATE 
ACTION ON INCOMING CALL, 



CALL MANAGER DELIVERS 
MGCP CONNECT REQUEST 

TO VOICE GATEWAY 
IDENTIFYING IP TELEPHONE 
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CALL MANAGER 
RINGS DESTINATION IP 
TELEPHONE USING 
, H.232/H.245 PROTOCOL., 
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IP TELEPHONE 
ANSWERS CALL. 
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CALL MANAGER 
NOTIFIES VOICE 
GATEWAY USING MGCP 
OF CONNECTION. 
150 



VOICE DATA EXCHANGED 
BETWEEN CALLER AND CALLED 
IP TELEPHONE USING RTP/RTCP 
OVER UDP PROTOCOL OR QOS 
AND NATIVE H.323/ATM. 
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FIG. 2C 



OUTGOING CALL FROM IP 
TELEPHONE AT 
SUBSCRIBER. 
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H.323/H.245 CONNECTION 
ESTABLISHED TO CALL 
MANAGER. 
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CALL MANAGER EVALUATES 
DESTINATION ANALOG/POTS 
TELEPHONE NUMBER, OR 
PROVIDES/ACCESSES ILS NAME 
SERVICE FOR VoIP DESTINATION. 
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CALL MANAGER ELECTS 
ROUTING PREFERENCE 
' BASED UPON DESTINATION, TIME,' 
DAY, QOS OR SUBSCRIBER 
PREFERENCES. 
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CALL TO BE 
ROUTED USING 
TELCO SWITCH. 
168 



CALL ROUTED 
USING PUBLIC 
INTERNET. 
176 



CALL ROUTED USING 
PRIVATE INTRANET OR 
LEASED INTRANET. 
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CALL MANAGER DELIVERS 
MGCP CONNECT REQUEST TO 
VOICE GATEWAY IDENTIFYING 
IP TELEPHONE. 
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CALL MANAGER DELIVERS 
CALL TO REMOTE CALL 
MANAGER FOR DESTINATION 
REGION, AND REMOTE CALL 
MANAGER DETERMINES 
DESTINATION ROUTING. 
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VOICE (^t^J^^tK'i INITIATES 
H.232/H.245 CONNECTION 
WITH IP TELEPHONE, RINGS 
DESTINATION VIA TELCO 
SWITCH. 
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VOICE DATA EXCHANGED 
BETWEEN CALLING IP TELEPHONE 

AND VOICE GATEWAY USING 
RTP/RTCP OVER UDP PROTOCOL 
OR QOS AND NATIVE H.323/ATM. 
174 









ANALOG/POTS 
DETINATION, 
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IP 

DESTINATION. 
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REMOTE CALL MANAGER 
DELIVERS MGCP CONNECT 
REQUEST TO REMOTE VOICE 
GATEWAY IDENTIFYING IP 
TELEPHONE. 
182 



REMOTE CALL 
MANAGER RINGS 
' DESTINATION IP TELEPHONEN 
USING H.323/H.245 
PROTOCOL. 
190 



REMOTE VOICE GATEWAY 
INITIATES H.232/H.245 
CONNECTION WITH IP 
TELEPHONE, RINGS DESTINATION 
VIA REMOTE TELCO SWITCH. 
184 



IP TELEPHONE 
BUSY OR DOES NOT 
ANSWER. 
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VOICE DATA EXCHANGED 
BETWEEN CALLING IP TELEPHONE 
AND REMOTE VOICE GATEWAY 

USING RTP/RTCP OVER UDP 
PROTOCOL OR QOS AND NATIVE 
H.323/ATM. 
186 



IP TELEPHONE 
ANSWERS CALL, 
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REMOTE CALL MANAGER 
TAKES APPROPRIATE 
ACTION ON INCOMING 
CALL. 
194 



CALL MANAGER RELAYS 
ANSWER TO CALLING IP 
TELEPHONE OVER 
INTERNET/INTRANET. 
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VOICE DATA EXCHANGED 
BETWEEN CALLING IP TELEPHONE 
AND CALLED IP TELEPHONE USING 
RTP/RTCP OVER UDP PROTOCOL 
OR QOS AND NATIVE H.323/ATM. 
200 



